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BACKGROUND 

[0001] A multi-media presentation is generally presented at its recording rate so that the 
movement in video and the sound of audio are natural. However, studies indicate that people 
can perceive and understand audio information at playback rates much higher rates, e.g., up 
to three or more times higher than the normal speaking rate, and receiving audio information 
at a rate higher than the normal speaking rate provides a considerable time savings to the user 
of a presentation. 

[0002] Simply speeding up the playback rate of an audio signal, e.g., increasing the rate 
of samples played from a digital audio signal, is undesirable because the increase in playback 
rate changes the pitch of the audio, which makes the information more difficult to Usten to 
and understand. Accordingly, time-scaled audio techniques have been developed that 
increase the information transfer rate of audio information without raising the pitch of the 
audio signal. A continuously variable signal processing scheme for digital audio signals is 
described in U.S. patent application Ser. No. 09/626,046, entitled "Continuously Variable 
Scale Modification of Digital Audio Signals," filed July 26, 2000, which is hereby 
incorporated by reference in it entirety. 

[0003] A desirable user convenience would be the ability to change the rate of 
information, for example, according to the complexity of the information, the amount of 
attention the user wants to devote to listening, or the quality of the audio. One technique for 
changing the audio information rate for playback of digital audio is to correspondingly 
change the digital data rate that the sender transmits and employ a processor or converter at 
the receiver that processes or converts the data as required to preserve the pitch of the audio. 

[0004] The above technique can be difficuh to implement in a system conveying 
information over a network such as a telephone network, a LAN, or the Internet. In 
particular, a network may lack the capability to change the data rate of transmission from a 
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source to the user as required for the change in audio information rate. Transmitting 
unprocessed audio data for time scaling at the receiver is inefficient and places an 
unnecessary burden on the available bandwidth because the process of time scaling with pitch 
restoration discards much of the transmitted data. Additionally, this technique requires that 
the receiver have a processor or converter that can maintain the pitch of the audio being 
played. A hardware converter increases the cost of the receiver's system. Alternatively, a 
software converter can demand a significant portion of the receiver's available processing 
power and/or battery power, particularly in portable computers, personal digital assistants 
(PDAs), and mobile telephones where processing and/or battery power may be limited. 

[0005] Another common problem for network presentations that include video is the 
inability of the network to maintain the audio-video presentation at the required rate. 
Generally, the lack of sufficient network bandwidth causes intermittent breaks or pauses in 
the audio-video presentation. These breaks in the presentation make the presentation difficult 
to follow. Alternatively, images in a network presentation can be organized as a linked series 
of web pages or slides that a user can navigate at the user's rate. However, in some network 
presentations such as tutorials, exams, or even commercials, the timing, sequence, or 
synchronization of visual and audible portions of the presentation may be critical to the 
success of the presentation, and the author or source of the presentation may require control 
of the sequence or synchronization of the presentation. 

[0006] Processes and systems are sought that can present a presentation in an ordered and 
uninterrupted manner and give a user the freedom to select and change an information rate 
without exceeding the capabilities of a network transferring the information and without 
requiring the user to have special hardware or a large amount of processing power. 



SUMMARY 

[0007] In accordance with an aspect of the invention, a source of a digital presentation to 
be transmitted over a network such as a telephone network, a LAN, or the hitemet, pre- 
encodes the presentation in a data structure having multiple channels. Each channel contains 
a different encoding of the portion of the presentation that changes according to the time 
scaling and/or the data compression of the presentation. 
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[0008] In one particular embodiment, the audio portion of the presentation is encoded 
differently in several channels according to the time scaling and data compression of the 
channels. Each encoding divides the presentation into audio frames that have a known timing 
relation according to the frame index values of the audio frames. Accordingly, when a user 
changes playback rates, the data stream switches from a current channel to a channel 
corresponding to the new time scale and accesses a frame from the new channel according to 
the current frame index. 

[0009] hi one embodiment, each frame corresponds to a fixed period of time in the 
presentation when played at the normal rate. Accordingly, each channel has the same number 
of frames, and information in each frame corresponds to a time interval that a frame index for 
the frame identifies. The source transmits a frame that corresponds to a current time index 
for the playback of the presentation and is in a channel corresponding to the user's selection 
of a playback rate. 

[0010] In accordance with another aspect of the invention, two or more channels of the 
file structure correspond to the same playback rate but differ in respective compression 
processes apphed to the data in the channels. The source or receiver can automatically select 
the channel that corresponds to the user-selected playback rate and does not exceed the 
transmission bandwidth available on the network carrying data to the receiver. 

[0011] In accordance with yet another aspect of the invention, presentation includes 
bookmarks and associated graphics data such as image data that are encoded separately from 
the channels associated with audio data. Each bookmark has an associated range of frame 
indices or times. A display appHcation allows a user to jump to the start of the range 
associated with any bookmark, and the source transmits the bookmarks data (e.g., graphics 
data) over the network to the user for use (e.g., display) at the appropriate time, typically at 
the beginning of the next audio frame. 

10012] Another embodunent of the invention is an authoring tool or method that permits 
an author to construct a presentation having graphics such as displayed text, slides, or web 
pages synchronized according to the audio content, which synchronization is preserved 
regardless of the playback rate of audio. The authoring tool can be used in commercial or 
personal messaging and creates a presentation that can be up-loaded to and used from any 
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network server implementing a conventional network file protocol such as http. 

[0013] Using a presentation in accordance with the present invention, the author or 
source of a presentation can control the sequence of images and the synchronization of 
images with audio. Additionally, the presentation provides a lower-bandwidth alternative to 
conventional streamed video, hi particular, a low bandwidth system that cannot support 
transmission of video typically can support the audio portion of the presentation and display 
images when required to provide visual cues illustrating key points of the presentation. 



BRIEF DESCRIPTION OF THE DRAWINGS 

[0014] Fig. 1 is a flow diagram illustrating a process for generating a multi-channel 
media file in accordance with an embodiment of the invention. 

[0015] Figs. 2A, 2B, 2C, 2D, and 2E illustrate the structure of a multi-channel media file, 
a file header for a multi-channel media file, an audio channel, an audio frame, and a data 
channel according to an embodiment of the invention. 

[0016] Fig. 3 illustrates a user interface of an authoring tool for creating presentations in 
accordance with an embodiment of the invention. 

[0017] Fig. 4 illustrates a user interface of an application for accessing and playing 
presentations in accordance with an embodiment of the invention. 
[0018] Fig. 5 is a flow diagram of a playback operation in accordance with an 
embodiment of the invention. 

[0019] Fig. 6 is a block diagram illustrating operation of a presentation player in 
accordance with an embodiment of the invention. 

[0020] Fig. 7 is a block diagram of a standalone presentation player in accordance with 
an embodiment of the invention. 

[0021] Use of the same reference symbols in different figures indicates similar or 
identical items. 
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DETAILED DESCRIPTION 

[0022] In accordance with an aspect of the invention, media encoding, network 
transmission, and playback processes and structures use a multi-channel architecture with 
different channels corresponding to different playback rates or time scales of a portion of a 
presentation. An encoding process for the presentation uses multiple encodings of the same 
portion such as the audio portion of the presentation. Accordingly, different channels have 
different encodings for different playback rates or time scales, even though the different 
channels represent the same portion of the presentation. 

[0023] A receiver or user of the presentation can select the playback rate or time scale 
and thereby selects use of a channel corresponding to that time scale. The receiver does not 
require a complex decoder or a powerful processor to achieve the desired time scale because 
iJie selected channel contains information pre-encoded for the selected time scaling. 
Additionally, the required network bandwidth does not increase as in systems were the 
receiver performs time scaling because pre-encoding or time scaling of audio data removes 
redundant audio data before transmission. Accordingly, bandwidth requirements can remain 
constant regardless of the time scale. 

[0024] Each channel contains a series of frames that are indexed according to the order of 
the presentation, and when a user changes from one channel to another, the frame from the 
new channel can be identified and transmitted when required for continuous uninterrupted 
play of the presentation. In an exemplary embodiment, corresponding audio frames in 
different audio channels correspond to the same amount of time in the presentation when 
played at normal speed and have frame indices that identify the frames as corresponding to 
particular time intervals in the presentation. A user can change a playback rate causing 
selection and transmission of a frame from a channel corresponding to the new playback rate, 
and the user receives the frame when required for a real-time transition in the playback rate of 
the presentation. 

[0025] The architecture can additionally provide for data channels for graphics data such 
as text, images, HTML descriptions, and links or other identifiers for information available 
on the network. The source transmits the graphics data according to the time index of the 
presentation or a user's request to jump to a particular bookmark in the presentation. A file 
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header can provide the user with information describing the bookmarks. 

[0026] The architecture can farther provide different audio channels with the same 
playback rate but different compression schemes for use according to the condition of the 
network transmitting data. 

[0027] Fig. 1 illustrates a process 100 for generating a multi-channel media file 190 in 
accordance with an embodiment of the invention. Process 100 starts with original audio data 
1 10, which can be in any format. Li the exemplary embodiment, original audio data 110 are 
in a ".wav" file, which is a series of digital samples representing the waveform of an audio 
signal. 

[0028] An audio time-scaling process 120 performed on original audio data 1 10 generates 
multiple sets TSFl, TSF2, and TSF3 of time-scaled digital audio data. Time-scaled audio 
data sets TSFl, TSF2, and TSF3 are time-scaled to preserve the pitch of the original audio 
when played back, but each data set TSFl, TSF2, or TSF3 has a different time scale. 
Accordingly, playback of each set takes a different amount of time. 

[0029] In one embodiment, audio data set TSFl corresponds to data for playback at the 
recording rate of original audio data 1 10 and may be identical to original audio data 1 10. 
Audio data sets TSF2 and TSF3 correspond to data for playback at two and three times the 
recording rate, respectively. Typically, audio data sets TSF2 and TSF3 will be smaller than 
audio data set TSFl because audio data sets TSF2 and TSF3 contain fewer audio samples for 
playback at a fixed sampling rate. Although Fig. 1 shows three sets of time-scaled data, 
audio time-scale encoding 120 can generate any number of time-scaled audio data sets having 
corresponding playback rates. For example, seven sets corresponding to half-integer 
multiples of the recording rate between one and four. More generally, the author of a 
presentation can select which time scales are available to the user. 

[0030] Audio time-scaling process 120 can be any desired time-scaling technique such as 
a SOLA-based time scaling process and could include a different time scaling technique for 
each time-scaled audio data set TSFl , TSF2, or TSF3 depending on the time scale factor. 
Typically, audio time-scaling process 120 uses a time scale factor as an input parameter and 
changes the time scale factor for each data set generated. An exemplary embodiment of the 
invention employs a continuously variable encoding process such as described in U.S. patent 
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application Ser. No. 09/626,046, which is incorporated by reference above, but any other time 
scaling process could be used. 

[0031] After audio time scaling process 120, a partitioning process 140 separates each of 
time-scaled audio data sets TSFl , TSF2, and TSF3 into audio frames. In the exemplary 
embodiment of the invention, each audio frame corresponds to the same interval of time (e.g., 
0.5 seconds) of original audio data 1 10. Accordingly, each of the data sets TSFl, TSF2, and 
TSF3 has the same number of audio frames. The audio frames in the time-scaled audio data 
set having the greatest time scale factor require the shortest playback time and are generally 
smaller than frames for audio data sets undergoing less time scaling. 

[0032] Other alternative partitioning processes can be employed. Li one alternative 
embodiment, partitioning process 140 divides each of time-scaled audio data sets TSFl, 
TSF2, and TSF3 into audio frames that have the same duration during playback. In this 
embodiment, audio frames in different channels will have about the same size, but different 
chaimels will include different numbers of frames. Accordingly, identifying corresponding 
audio information in different frames, as is required when changing playback rates, is more 
complex in this embodiment than in the exemplary embodiment. 

[0033] After partitioning process 140, an audio data compression process 1 50 separately 
compresses each frame, and the compressed audio frames resulting from audio data 
compression process 150 are collected into compressed audio files TSFl -CI, TSF2-C1, 
TSF3-C1, TSF1-C2, TSF2-C2, and TSF3-C2, referred to collectively as compressed audio 
files 160. Compressed audio files TSFl-Cl, TSF2-C1, and TSF3-C1 all correspond to a first 
compression method and respectively correspond to time-scaled audio data sets TSFl, TSF2, 
and TSF3. Compressed audio files TSF1-C2, TSF2-C2, and TSF3-C2 all correspond to a 
second compression method and respectively correspond to time-scaled audio data sets TSFl, 
TSF2,and TSF3. 

[0034] In accordance with an aspect of the invention illustrated in Fig. 1 , audio data 
compression process 150 uses two different data compression methods or factors on each 
frame of time-scaled audio data. In alternative embodiments, audio data compression process 
1 50 can use any number of data compressions methods on each frame of time-scaled audio 
data. A wide variety of suitable audio data compression methods are available and well 



known in the art. Examples of suitable audio compression methods include discreet cosine 
transform (DCT) methods and compression processes defined in the MPEG standards and 
specific implementations such as Truespeech from DSP Group of Santa Clara, CaUfomia. As 
another alternative, a process may be developed that integrates audio time-scaling 120, 
fi-aming 140, and compression 150 into a single interwoven procedure tailored for efficient 
compression of relatively small audio frames. 

[0035] Each of the compressed audio files TSFl-Cl, TSF1-C2, TSF2-C1, TSF2-C2, 
TSF3-C1, and TSF3-C2 corresponds to a different audio channel in multi-channel media file 
190. Multi-channel media file 190 additionally contains data associated with bookmarks 180. 

[0036] Author input 170 during creation of multi-channel media file 190 selects the 
bookmarks that are included in multi-channel media file 190. Generally, each bookmark 
includes an associated time or frame index range, identifying data, and presentation data. 
Examples of types of presentation data include but are not limited to data representing text 
182, images 184, embedded HTML documents 186, and links 188 to web pages or other 
information available on the network for display as part of the presentation during the time 
interval corresponding to the associated range of the time or fi-ame index. The identifying 
data identify or distinguish the various bookmarks as locations in the presentation to which a 
user can jump. 

[0037] Author input 170 is not required for generation of multi-channel media file 190 in 
some embodiments of the invention. For example, multi-channel file 190 can be generated 
fi:om original audio data 1 10 that represents one or more voice mail messages. Bookmarks 
can be created for navigation among the messages, but such messages generally do not 
require associated images, HTML pages, or web pages. A voice mail system can 
automatically generate a multi-channel file for a user's voice mail to permit user control of 
the playback speed of the messages. Use of the multi-channel file in a telephone network 
avoids the need for a receiver such as a mobile telephone to expend processing or battery 
power in changing the playback rate. 

[0038] Figs. 2A, 2B, 2C, 2D, and 2E illustrate a suitable format for multi-channel media 
file 190 and are described fiirther below. The described formats are merely examples and are 
subject to wide variations in the size, order, and content of data structures. 
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[0039] In the broadest overview, multi-channel media file 1 90 includes a file header 210, 
N audio channels 220-1 to 220-N, and M data channels 230-1 to 230-M as shown in Fig. 2A. 
File header 210 identifies the file and contains a table of audio fi-ames and data frames within 
channels 220-1 to 220-N and 230-1 to 230-M. Audio channels 220-1 to 220-N contain the 
audio data for the various time scales and compression methods, and data channels 230-1 to 
230-M contain bookmark information and embedded data for display. 
[0040] Fig. 2B represents an embodiment of file header 210. In this embodiment, file 
header 210 includes file information 212 that identifies multi-channel media file 190 and 
properties of the file as a whole, to particular, file header 210 can include a universal file ID, 
a file tag, a file size, and a file state field, and channel information indicating the number of, 
offset to, and size of audio and data channels 220-1 to 220-N and 230-1 to 230-M. 
[0041] A universal ID m file header 210 indicates and depends on the contents of multi- 
channel file 190. The universal ID can be generated fi:om the content of multi-channel media 
file 190. One method for generating a 64-byte universal ED performs a series of XOR 
operations on 64-byte pieces of multi-channel file 190. The universal file ID is useful when a 
user of a presentation starts the presentation during one session, suspends that session, and 
wishes to resume use of the presentation later. As described further below, multi-channel 
media file 190 may be stored on a one or more remote server, and the operator of the server 
might move or change the name of the presentation. When the user attempts to start the 
second session on the original or another server, the universal ID header firom a file on the 
server can be compared to a cached universal ID in the user's system to confirm that the 
presentation is the one previously started even if the presentation was moved or renamed 
between sessions. The universal ID can alternatively be used to locate the correct 
presentation on a server. Audio frames and other information that the user's system may 
have cached during the first session can then be used when resuming tiie second session. 

[0042] File header 210 also includes a Ust or table of all frames in multi-channel file 190. 
to the illust:ated example, file header 210 includes a channel index 213, a frame index 214, a 
frame type 215, an offset 216, a frame size 217, and a status field 218 for each frame. 
Channel index 213 and frame index 214 identify the channel and display time of the frame. 
The frame type indicates type of frame, e.g., data or audio, the compression method, and the 
time scale for audio frames. Offset 216 indicates the offset from the beginning of multi- 



-9- 



channel media file 190 to the start of the associated frame, and frame size 217 indicates the 
size of the frame at that offset. 

[0043] As described further below, the user's system typically loads file header 210 from 
the server into the user's system. The user's system can use offsets 216 and sizes 217 when 
requesting specific fi:ames from the server and use status fields 218 to track which frames are 
buffered or cached in the user's system. 

[0044] Fig. 2C shows a format for an audio channel 220. Audio channel 220 includes a 
channel header 222 and K compressed audio frames 224-1 to 224-K. Channel header 222 
contains information regarding the channel as a whole includmg for example, a channel tag, a 
channel offset, a channel size, and a status field. The channel tag can identify the time scale 
and the compression method of the channel. The channel offset and size indicate the offset 
from the beginning of multi-channel file 190 to the start of the channel and the size of the 
channel beginning at that offset. 

[0045] hi the exemplary embodiment, all audio channels 220-1 to 220-N have K audio 
frames 224-1 to 224-K, but the sizes of the frames generally vary according to the time scale 
associated with the fi^me, the compression method applied to the frame, and how well the 
compression method worked on the data in specific frames. Fig. 2D shows a typical format 
for an audio frame 224. The audio frame 224 includes a frame header 226 and frame data 
228. Frame header 226 contains information describing properties of the frame such as the 
frame index, the frame offset, the frame size, and the frame status. Frame data 228 is the 
actual time-scaled and compressed data generated from the original audio. 
10046] Data channels 230-1 to 230-M are for the data associated with bookmarks. Li the 
exemplary embodiment, each data channel 230-1 to 230-M corresponds to a specific 
bookmark. Alternatively, a single data channel could contain all data associated with the 
bookmarks so that M is equal to 1 . Another alternative embodiment of multi-channel media 
file 190 has one data channel for each type of bookmark, for example, four data channels 
respectively associated with text, images, HTML page descriptions, and links. 
[0047] Fig. 2E illusfrates a suitable format for a data channel 230 m multi-channel media 
file 190. Data channel 230 includes a data header 232 and associated data 234. Data header 
232 generally includes channel information such as offset, size, and tag information. Data 
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header 232 can additionally identify a range of times or a start frame index and a stop frame 
index designating a time or a set of audio frames corresponding to the bookmark. 

[0048] Fig. 3 illustrates a user interface 300 of an authoring tool used in generating a 
multi-channel media file 190 such as described above. The authoring tool permits input 170 
for the creation of bookmarks and the attachment of visual information to original audio data 
110 when creating a presentation. Generally, adding appropriate visual information can 
greatly facilitate understanding of a presentation when audio is played at a rate faster than 
normal speed because the visual information provides keys to understanding the audio 
portion of the presentation. Additionally, connection of graphics to the audio allows 
presentation of the graphics in an ordered manner. 

[0049] User interface 300 includes an audio window 3 10, a visual display window 320, a 
slide bar 330, a mark list 340, a mark data window 350, a mark type list 360, and controls 
370. 

[0050] Audio window 310 displays a wave representing all or a portion of original audio 
data 110 during a range of times. When an author reviews a presentation, audio window 310 
indicates the time index relative to original audio 110. The author use a mouse or other 
device to select any time or range of times relative to the start of the original audio data 1 10. 
Visual display window 320 displays the images or other visual information associated with a 
currently selected time index in original audio 1 10. Slide bar 330 and mark Ust 340 
respectively contain thumbnail slides and bookmark names. The author can choose a 
particular bookmark for revisions or simply jump in the presentation to a time index 
associated with a bookmark by selecting the corresponding bookmark in mark list 340 or the 
corresponding slide in slide bar 330. 

[0051] To add a bookmark, an author uses audio window 310, slide bar 330, or mark Ust 
340 to select a start time for the bookmark, uses mark type list 360 for selection of a type for 
the bookmark, and uses controls 370 to begin the process of adding a bookmark of the 
selected type at the selected time. The details of adding a bookmark will generally depend on 
the type of information associated with the bookmark. For illustrative purposes, the addition 
of an embedded image associated with a bookmark is described in the following, but the 
types of information that can be associated with a bookmark is not limited to embedded 
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images. 

[0052] Adding an embedded image requires the author to select the data or file that 
represents the image. The image data can have any format but is preferably suitable for 
transmission over a low bandwidth communication link, hi one embodiment, the embedded 
images are slides such as created using Microsoft PowerPoint. The authoring tool embeds or 
stores the image data in the data channel of multi-channel media file 190. 

[0053] The author gives the bookmark a name that will appear in mark Ust 340 and can 
set or change the range of the audio frame index values (i.e., the start and end times) 
associated with the bookmark and the image data. When the presentation is played, visual 
display window 320 displays the image associated with a bookmark during playback of any 
audio frame having a frame index in the range associated with the bookmark. 
[0054] The authoring tool adds to slide bar 330 a thumbnail image based on the image 
associated with the bookmark. When the author makes the multi-channel file, the 
bookmark's name, audio index range, and thumbnail data are stored as identifying data in 
multi-channel media file 190 at locations that depend on the specific format of multi-channel 
media file 190, for example, in file header 210 or in data channel header 232. As described 
further below, initialization of a user's system for a presentation may include accessing and 
displaying the mark list and shde bar for use when the user jumps to bookmark locations in 
the presentation. 

[0055] Bookmarks associated with other types of graphics data such as text, an HTML 
page, or a link to network data (e.g., a web page) are added in a similar manner to bookmarks 
associated with embedded image data. For the various types of graphics data, mark data 
window 350 can display the graphics data in a form other than the appearance of the data in 
visual display window 320. Mark data window 350, for example, can contain text, HTML 
code, or a link, while visual display window 320 shows the respective appearance of the text, 
an HTML page, or a web page. 

[0056] After the author finishes addmg bookmarks and related information, the author 
uses controls 370 to cause creation of multi-channel file 190, for example, as illustrated in 
Fig. 1 . The author can select one or more time-scales that will be available for the audio in 
the multi-channel file. 
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[0057] Fig. 4 illustrates a user interface 400 in a system for viewing a presentation in 
accordance with an embodiment of the invention. User interface 400 includes a display 
window 420, a slide bar 430, a mark list 440, a source list 450, and a control bar 470. Source 
window 450 provides a list of presentations for a user's selection and indicates the currently 
selected presentation. 

[0058] Control bar 470 allows general control of the presentation. For example, the user 
can start or stop the presentation, speed up or slow down the presentation, switch to normal 
speed, fast forward or fast backward (i.e., jump ahead or back a fixed time), or activate an 
automatic repeat of all or a portion of the presentation. 

[0059] Slide bar 430 and mark list 440 identify bookmarks and allow the user to jump to 
the bookmarks in the presentation. 

[0060] Display window 420 is for visual content such as text, an image, an html page, or 
a web page that is synchronized with the audio. With properly selected visual content, the 
user of the presentation can more readily understand the audio content, even when the audio 
is played at high rate. 

[0061] Fig. 5 is a flow diagram of an exemplary process 500 implementing a presentation 
player having the user interface of Fig. 4. Process 500 can be implemented in software or 
firmware in a computing system. In step 5 1 0, process 500 gets an event that may be no event 
or a user's selection via the user interface of Fig. 4. 

[0062] Decision step 520 determines whether the user has started new presentation. A 
new presentation is a presentation for which header information has not been cached. If the 
user has started a new presentation, process 500 contacts the source of the presentation in a 
step 522 and requests file header information. The source would typically be a device such 
as a server connected to a user's computer via a network such as the Internet. 

[0063] When the source returns the requested header information, a step 524 loads the 
header information as required for control of operations such as requesting and buffering 
frames of the presentation. In particular, step 526 resets a playback buffer, which may have 
contained frames and data for another presentation. 

[0064] After step 526 resets the playback buffer, a step 550 maintains the playback 
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buffer. Generally, step 550 maintains the playback buffer by identifying a series of audio 
frames that will be sequentially played if the user does not change the frame index or 
playback rate, determining whether any of the audio frames in the series are available in a 
frame cache, and sending requests to the source for audio frames in the series but not in the 
frame cache. 

[0065] Li an Internet embodiment of the invention, process 500 uses the well-known http 
protocol when requesting specific frames or data from the server. Accordingly, the server 
does not require a specialized server application to provide the presentation. However, an 
alternative embodiment could provide better performance by employing a server appUcation 
to communicate with and push data to the user. 

[0066] When the user receives an audio frame from the source, process 500 buffers or 
caches the audio frame but only queues the audio frame in the playback buffer if the frame is 
in the series to be played. If an audio frame to be played is queued in the playback buffer, a 
step 560 maintains audio output using a data stream decompressed from a frame in the 
playback buffer. Process 500 pauses the presentation if the required audio frame is not 
available when the audio stream switches from one frame index to the next. 

[0067] A step 570 maintains the video display. Application 500 requests the graphics 
data from a location indicated in the header for the presentation. In particular, if the graphics 
data represent text, an image or html page embedded in the multi-channel file, process 500 
requests graphics data from the source and interprets the graphics data according to its type. 
If the graphics data is network data such as a web page identified by a link in the multi- 
channel file, process 500 accesses the link to retrieve the network data for display. If network 
conditions or other problems cause the graphics data to be unavailable when required, process 
500 continues to maintain the audio portion of the presentation. This avoids complete 
disruption of the presentation when network traffic is high. 

[0068] In a step 580, process 500 determines the amount of network traffic or available 
bandwidth. The network traffic or bandwidth can be determined from the speed at which the 
source provides any requested information or the state of frame buffers. If network traffic is 
too high to provide data at the required rate for smooth playback of the presentation, process 
500 decides in a step 584 to change a channel index for the presentation to select a channel 
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that requires less bandwidth (i.e., employs more data compression) but still provides the 
user's selected audio playback speed. If network traffic is low, step 584 can change the 
channel index for the presentation to select a channel that uses less data compression and 
provides better sound quality at the selected audio playback speed. 

[0069] If a decision step 530 determines that the event was the user changing the time 
scale of the presentation, application 500 branches from step 530 to step 532, which changes 
the channel index to a value corresponding to the selected time scale. The previously 
determined amount of network traffic can be used in selecting the channel that provides the 
best audio quality for the selected time scale and the available network bandwidth. 

[0070] After step 532 changes the channel index, step 526 then resets the playback 
buffer, and dequeues all audio frames in the playback buffer, except the current audio frame. 
After resetting the playback buffer, process 500 maintains the playback buffer, the audio 
output, and the video display as described above for steps 550, 560, and 570. 

[0071] hi maintaining the audio steam in step 560, the current audio frame continues to 
provide data for audio output until that data is exhausted. Accordingly, audio output 
continues at the old rate until the data from the current audio frame is exhausted. At that 
point, an audio frame that corresponds to the next frame index but is from audio channel 
corresponding to the new channel index should be available. The playback of the 
presentation thus switches to the new playback rate in less than the duration of a single frame, 
e.g., in less than 0.5 second in an exemplary embodiment. Additionally, the content of the 
frame at the next frame index in the new channel corresponds to the audio data immediately 
following the frame corresponding to the old playback rate. Accordingly, the user perceives 
smooth, real-time transition in the playback rate. 

[0072] If the frame corresponding to the next frame index is unavailable when required, 
process 500 pauses playback until the user receives the required data from the source and step 
550 queues the data frame in the playback buffer. An alternative embodiment of the 
invention retains and uses the series of audio frames that are queued in the playback buffer 
for the old playback rate, instead of dequeuing those frames as in step 526. The old audio 
frames can thus be played to avoid pausing the presentation when application 500 does not 
receive the required frame in time. This continuation of the old rate undesirably provides the 
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appearance of the process being non-responsive and is avoided by the embodiment of Fig. 5. 

[0073] If instead of starting a new presentation or changing the speed, the user selects a 
bookmark or slide or selects a fast forward or fast backward, a decision step 540 causes 
application 540 to branch to process 542, which changes the current frame index. The new 
value for the current frame index depends on the action the user took. If the user selected fast 
forward or fast backward, the current frame index is increased or decreased by a fixed 
amount. If the user selected a bookmark or a slide, the current frame index is changed to a 
start index value associated with the selected bookmark or slide. In the exemplary 
embodiment, the start index value is among the data in that step 524 loaded from the header 
for the multi-channel file. 

[0074] Following the change in current frame index, a process 544 shifts the queue of the 
playback buffer to reflect the new value of the current frame index. If the change in the 
frame index is not too great, some of the series of audio frames commencing with the new 
frame index value may already be queued in the playback buffer. Otherwise, shift process 
544 is the same as the reset process 526 for the playback buffer. 
[0075] Fig. 6 is a block diagram illustrating a multi-threaded architecture for a 
presentation player 600 in accordance with another embodiment of the invention. 
Presentation player 600 includes an audio playing thread 620, an audio loading and caching 
thread 630, a graphics data loading thread 640, and a displaying thread 650, which are under 
control of program management 610. Generally, presentation player 600 is executed in a 
computing system with a network connection such as a personal computer or PDA (personal 
digital assistant) connected to the Internet or a LAN or a cellular telephone connected to a 
telephone network. 

[0076] When activated, audio playing thread 620 uses data from a playback buffer 625 to 
generate a sound signal for the audio portion of the presentation. In one embodiment, audio 
playback buffer 625 contains audio frames in compressed form, and audio playing thread 620 
decompresses the audio frames. Alternatively, playback buffer 625 contains uncompressed 
audio data. 

[0077] Audio loading and caching thread communicates with the source of the 
presentation via a network interface 660 and fills audio playback buffer 625. Additionally, 
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audio loading and caching thread 630 preloads audio frames into active memory of the 
computing system and controls caching of audio frames to a hard disk or other memory 
device. Thread 630 uses a frame status table 632 to track the status of the audio frames 
making up the presentation and can initially construct frame status table 632 from the header 
of a multi-channel file such as described above. Thread 630 changes frame status table 632 
as the status of each audio frame changes to indicate, for example, whether an audio frame is 
loaded in active memory, is loaded and cached locally on disk, or has not been loaded. 

[0078] In an exemplary embodiment of the invention, audio loading and caching thread 
630 pre-loads a series of audio frames corresponding to the currently selected time scale, hi 
particular, thread 630 pre-loads a series of audio frames at the beginning of the presentation 
and other series of frames starting with the starting frame index values of the bookmarks of 
the presentation. Accordingly, if a user jumps to a location in the presentation corresponding 
to a bookmark, presentation player 600 can quickly transition to the bookmark location 
without a delay for loading audio frames via network interface 660. 
[0079] When the user changes the time scale of the presentation, audio playback buffer 
625 is reset, and audio loading and caching thread 630 begins loading frames from a new 
channel that corresponds to the new time scale, hi the exemplary embodiment, program 
management 610 does not activate audio playing thread 620 until audio playback buffer 625 
contains a user-selected amount of data, e.g., 2.5 seconds of audio data. Delaying activation 
avoids the need to repeatedly stop audio playing thread 610 if network transmission of audio 
frames is irregular. Generally, audio loading and caching thread 630 selects an audio channel 
having a high compression rate when playback buffer 625 is empty or nearly empty and can 
switch to a channel providing better audio quality when playback buffer 625 contains an 
adequate amount of data. 

[0080] Graphics data loading thread 640 and displaying thread 650 respectively load 
graphics data and display graphics images. Graphics data loading thread 640 can load the 
graphics data into a data buffer 642 and prepare display data 644 for displaying thread 650. 
In particular, when the graphics data is a link to network data such as a web page, graphics 
data loading thread 640 receives the link from the source of the presentation via network 
interface 660 and then accesses the data associated with the link to obtain display data 644. 
Alternatively, graphics data loading thread 640 directly uses embedded image data from the 
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source of the presentation as display data 644. 

[0081] In accordance with an aspect of the invention, playing of the presentation keys 
around the audio. Accordingly, program management 610 gives highest priority to audio 
loading and caching thread 630. However, in some embodiments, audio loading and caching 
thread 630 can select an audio channel having high compression to free more bandwidth for 
graphics data. In particular, thread 630 can change to a higher compression audio channel 
sometime before the audio reaches the starting frame index for a bookmark to provide 
bandwidth for thread 640 to load new graphics data for display when audio plying thread 620 
reaches the starting frame index. 

[0082] The presentation players and authoring tools disclosed above can provide 
presentations that allow a user to make real-time changes in the playback rate or time scale of 
a presentation without having special hardware, a large amount of available processing 
power, or high-bandwidth network connection. Such presentations are useful in a variety of 
business, commercial, and educational contexts where the ability to change the playback rate 
is a convenience. However, the systems are also usefiil when changing the playback rate is 
not a concern. In particular, as noted above, some embodiments of the authoring tool create a 
presentation suitable for access on any server implementing a recognized protocol such as the 
http protocol. Accordingly, even a casual author can record an audio message and use the 
authoring tool to synchronize images to the audio message, thereby creating a personal 
presentation for family or friends. A recipient of the presentation can play the presentation 
without special hardware or a high-bandwidth network connection. 

[0083] Aspects of the present invention can also be employed in a standalone system 
where a network connection is not a concern but processing power or battery power may be 
limited. Fig. 7 shows a standalone system 700 that gives a user real-time control over the 
time scale or playback rate of a presentation. Standalone system 700 can be a portable device 
such as a PDA or portable computer or a specially designed presentation player. System 700 
includes data storage 710, selection logic 720, an audio decoder 730, and an video 
decoder 740. 

[0084] Data storage 7 1 0 can be any medium capable of storing a multi-channel file 7 1 5 
representing a presentation as described above. For example, in a PDA, data storage 710 can 
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be a Flash disk or other similar device. Alternatively, data storage 710 can include a disk 
player and a CD-ROM or other similar media. In standalone system 700, data storage 710 
provides the audio data and any graphics data so that a network connection is not required. 

10085] Audio decoder 730 receives an audio data stream from data storage 710 and 
converts the audio data stream into an audio signal that can be played through an amplifier 
and speaker system 735. To minimize required processing power, multi-channel file 715 
contains uncompressed digital audio data, and audio decoder 730 is a conventional digital-to- 
analog converter. Alternatively, audio decoder 730 can decompress data if system 700 is 
designed for multi-channel file 715 containing compressed audio data. Similarly, data 
storage 710 provides any graphics data from multi-channel file 71 5 to an optional video 
decoder 740 that converts the graphics data as required for a display 745. 

[0086] Selection logic 720 selects data streams that data storage 710 provides to audio 
decoder 730 and video decoder 740. Selection logic 720 includes buttons, switches, or other 
user interface devices for used control of system 700. When a user changes a playback rate, 
selection logic 720 directs data storage 710 to switch to a chaimel in multi-channel file 715 
corresponding to the new playback rate. When a user selects a bookmark, selection logic 720 
directs data storage 710 to jump to a frame index corresponding to the bookmark and resume 
the audio and video data streams from the new time index. Selection logic 720 requires little 
or no processing power since the selection of a time scale or bookmark requires only changes 
the parameters (e.g., a channel or frame index) that data storage 710 uses in reading the audio 
and graphics data streams from multi-channel file 715. 

[0087] Standalone system 700 does not consume processing power for any time scaling 
because the audio channels of multi-channel file 715 already include time-scaled audio data. 
Accordingly, standalone system 700 consumes very little battery or processing power and 
still can provide a time-scaled presentation with real-time user changes in the time-scale. In a 
specially designed presentation player, standalone system 700 can be a low cost device 
because system 700 does not require significant processing hardware. 

[0088] Although the invention has been described with reference to particular 
embodiments, the description is only an example of the invention's application and should not 
be taken as a limitation. Various adaptations and combinations of features of the 
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embodiments disclosed are within the scope of the invention as defined by the following 
claims. 
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